Abstract-This letter provides an analysis of optimal finite-impulse response subband beamforming for speech enhancement in multipath environments. A modification of the direct-path standard Wiener formulation is shown to give nearly optimal performance when it comes to signal-to-noise plus interference ratio, by including coherent multipath propagation into the criterion.
I. INTRODUCTION
T HE REALIZATION of the flexibility, safety, and convenience afforded by hands-free communication systems is dependent on successful acoustic speech acquisition [1] . Speech enhancement by means of spectral subtraction [2] - [4] , temporal filtering (such as Wiener filtering), noise cancelation, and multimicrophone methods using array techniques [5] - [7] may be used to achieve successful speech acquisition. Room reverberation in this context is most effectively handled with arrays or by appropriate microphone design and placement.
A suitable signal and room model is required in order to develop effective solutions for a hands-free communication scenario. Room modeling based on the image method is described in [8] and [9] , and the problem of equalization in acoustic reverberant environments based on statistical room modeling is studied in [10] . In the context of multiple sensors, it is shown in [11] that an improved far-to-near field suppression may be achieved by adding a constraint on the white noise gain across frequency. This observation may be used to reduce reverberation effects in small rooms, since wall reflections appears as far-field replicas of the source [12] . The impact of room reverberation on speech intelligibility is studied experimentally in [13] , for multisensor hearing aid applications. A significant increase is reported in speech intelligibility by incorporating beamforming algorithms.
This letter analyzes optimal finite-impulse response (FIR) subband beamforming and presents an extended Wiener formulation for a new signal model with spread sources in enclosed environments. The model assumes spherically spread sources and coherent reflections of signal propagation based on the image method. The spherical spreading of the source is based on the fact that human speech gives rise to a vibration of the skull, creating a frequency-dependent directivity pattern [14] .
II. SIGNAL AND PROPAGATION MODEL
A scenario where a desired speech source and interfering speech sources are located in an enclosure with reflecting walls is considered, e.g., modeling an indoor teleconferencing environment. A linear array with omnidirectional microphones is situated in the center of the enclosure. The received signals are sampled with sampling period , and digital FIR filtering of received array signals is used to filter the desired source while attenuating or canceling unwanted disturbing sources. The received signals caused by directional reflections are modeled as source-coherent signals. The surrounding noise field is assumed to be the result of a large number of broadband noise components at different far-field locations, and it is modeled as a diffuse field [15] . Since the desired source is assumed to be a human speaker, the propagating sound field is modeled as the result of a vibrating spherical object with a frequency-dependent directivity pattern [14] .
The spatiotemporal covariance matrix contained in the spectral frequency band , received from sources originating from regions in space , , with power spectral density (PSD) at a spatial point with position vector , is given by (1) The dimension of the matrix is , where is the length of the FIR filters, and is the number of spatial sensors. The element at position of the diffuse noise covariance matrix is given by [16] (2)
where and denote sensor indexes, and and denote time lag indexes, for row and column, respectively. Parameter is the speed of wave propagation, is the noise PSD and is the distance between sensors and . The response vector at the point with position vector , is given by the image method as the sum of direct path and all paths of coherent reflective images [8] where denotes the Kronecker matrix multiplication, and is a reflections coefficient determining the gain in magnitude for each reflection. The spatial response vector in (3) is normalized to unit gain at origin of coordinates, given by (4) where is the image position vector; is the distance to the center point of the spatial region ; and denotes the signal propagation time delay from the image position to sensor . Parameter , where is the position vector of sensor . The temporal response vector in (3) is given by (5) which is normalized to the center lag by the constant , where is the FIR filter length. The explicit position in Cartesian coordinates of an image source indexed , caused by a room enclosure of size m, can readily be shown to be diag (6) where def is the position vector of the source, contained inside the enclosure. The origin of coordinates is defined at the center of the enclosure.
III. OPTIMAL BEAMFORMERS
In order to characterize optimal beamforming the received spatiotemporal covariance matrix in (1) is split up as (7) where , , and denotes covariance matrices received by contributions of the target source, undesired (jammer) sources and noise, respectively. Without loss of generality it is assumed the first source is the target source.
A. Optimal SNIR Beamformer
The set of FIR filters optimizing the signal-to-noise plus interference ratio (SNIR) is given by [15] ( 8) where is a vector of stacked FIR filter parameters. The optimal solution is given by [15] , [16] ( 9) where is an eigenvector, corresponding to the largest eigenvalue , complying with (10) The measure of SNIR is scale invariant and any constant scaling of the weight vector given in (8) also maximizes the SNIR. 
B. Wiener Beamformer
The Wiener filter is the solution to the problem of linear mean-square waveform estimation of signals corrupted by noise, provided the noise and the signals are stationary random variables [17] given by (11) where denotes real part, and where is the expectation operator. The vector denotes the recieved array signals, is a desired output signal with variance . In the standard Wiener formulation a delayed version of the source signal is defined as the desired signal. The corresponding cross-covariance vector is then given by (12) and the solution to (11) is given by (13) The coherent signals contained in reflections are not utilized in (12) . By simply including coherent reflections to form the desired signal, we arrive at the coherent multipath Wiener solution given by (13) , with the cross-covariance vector replaced by (14) A practical algorithm implementing (13) is given in [7] , where the source covariance matrix is calculated analytically and the jammer and the noise covariance matrices are estimated recursively from received data.
C. Equivalence Between the Optimal SNIR and the Coherent Multipath Wiener Beamformer
In the theoretical case of monochromatic input signals with temporal frequency , or when the signals are assumed to be temporally filtered into narrow nonoverlapping subbands with center frequency , the integrand in (1) includes the delta function , and the temporal domain vanishes [16] . Further, if the spatial spread of the source is much smaller than the array aperture, the properties of the source becomes close to that of a point source with position vector . In this case the region of spatial integration in (1) vanishes and each source adds a single rank contribution to the spatial covariance matrix [15] . The solution to (8) may then be expressed in closed form (15) (13) and (14)]. (Dashed-dotted line) Standard Wiener [ (13) and (12) and the solution given by the coherent Wiener formulation is given by (16) We may rewrite (16) by applying the matrix-inversion-lemma [16] as (17) Since the measure of SNIR is scale invariant and the solution given in (15) only differs in scale to that of (17), the coherent Wiener solution coincides with the optimum SNIR solution, when considering monochromatic point sources.
IV. EVALUATION
In the numerical studies, a room of size m is considered. An eight sensor linear array is located at the center of the room, receiving speech from persons located along a line in front of the array. The persons are modeled as spheres representing vibrating human skulls, i.e., in (1) are spheres with 15-cm diameter (see Fig. 1 ). One desired source speaker and one interference speaker are assumed to be active simultaneously.
The spheres are assumed to emit constant power across frequency along the surface of the semispheres facing the array. A linear decrease in power across subbands is assumed for the opposite semisphere, where the power drops from 0 dB at 250 Hz to 12 dB at 3400 Hz. The model is an approximation of the model presented in [14] .
The FIR beamforming solutions are analyzed by subdividing the traditional telephone bandwidth into regions with linearly increasing logarithmic bandwidth where each subband operates at Nyquist sampling rate. Since the spatial resolution increases with increasing frequency, the number of FIR filter taps needed becomes approximately constant across the subbands. The optimal solutions are calculated by truncating the sums in (3) such that 99% of the power contained in all reflections are captured. Fig. 2 shows the output SNIR as a function of FIR filter length for the different solutions when using six subbands with the reflection coefficient . The number of FIR parameters needed to reach optimal performance is approximately constant, around 10-15 taps. Fig. 3 shows the output SNIR for three different values of the reflection coefficient, when 12 bands with the same linearly increasing logarithmic bandwidth are used and with ten FIR parameters in each subband. It can be seen that the optimal SNIR beamformer and the coherent Wiener beamformer reaches almost the same level of performance, which supports the results presented in Section III-C for monochromatic sources. It can also be seen in Fig. 3 that performance in low-frequency bands is reduced when the reflection coefficient is increased for these two solutions. The standard Wiener solution does not exhibit such simple relation to the reflection coefficient. Table I gives the resulting total SNIR performance for some different locations of the source and the interferer, as given in Fig. 1 . It can be seen that the standard Wiener solution gives a substantial increase in performance as the angular separation between the source and the interferer increases. When the separation between the source and the interference increases so does the separation between their respective image reflections. Since all source reflections are regarded as interferers in the standard Wiener formulation, the resulting performance improves as the separation increases. The performance of the optimal SNIR beamformer and the coherent Wiener beamformer can be seen to be less dependent on the spatial separation between the source and the interferer.
V. SUMMARY AND CONCLUSION
Optimal FIR subband beamforming in multipath environments is analyzed, and an extension of the standard Wiener solution is presented. While this formulation is shown to be equivalent to the optimal SNIR beamformer in the case of monochromatic point sources, it is also shown to be nearly optimal in SNIR sense in the case of spatially spread subband decomposed wideband sources.
